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3.2
Abbreviations

For the purposes of the present document, abbreviations given in 3GPP TR 21.905 [1] and the following apply:

ALC
Asynchronous Layered Coding

AVC
Advanced Video Coding

BM-SC
Broadcast-Multicast - Service Centre

CC
Congestion Control
CPB
Coding Picture Buffer
CVS
Coded Video Sequence

DASH
Dynamic Adaptive Streaming over HTTP

ERT
Expected Residual Time

ESI
Encoding Symbol ID

FDT
File Delivery Table

FLUTE
File deLivery over Unidirectional Transport
FMT
Feedback Message Type
HDTV
High-DefinitionTeleVision
HEVC
High Efficiency Video Coding
IANA
Internet Assigned Numbers Authority
IDR
Instantaneous Decoding Refresh
IRAP
Intra Random Access Point

LCT
Layered Coding Transport
LI
Leap Indicator

MBMS SAI
MBMS Service Area Identity
MIME
Multipurpose Internet Mail Extensions
MMS
Multimedia Messaging Service
MooD
MBMS operation on Demand
MPD
Media Presentation Description

MSK
MBMS Service Key

MTK
MBMS Traffic Key

MUK
MBMS User Key
NAL
Network Abstration Layer
NTP
Network Time Protocol

OMNA
Open Mobile Naming Authority

PAC
Proxy Auto-Config
PSS
Packet-switched Streaming Service

RASL
Random Access Skipped Leading picture
SBN
Source Block Number

SCT
Sender Current Time
SEI
Supplemental Enhancement Information

SNTP
Simple Network Time Protocol
TMGI
Temporary Mobile Group Identity
TOI
Transport Object Identifier

TSI
Transport Session Identifier
USBD
User Service Bundle Description 
USD
User Service Description
UTC
Universal Time Coordinated
VCL
Video Coding Layer
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8.1
Introduction

The purpose of the MBMS streaming delivery method is to deliver continuous multimedia data (i.e. speech, audio, and video) over an MBMS bearer. Using MBMS Streaming delivery on unicast is defined in clause 8.5. This delivery method complements the download delivery method which consists of the delivery of files. The streaming delivery method is particularly useful for multicast and broadcast of scheduled streaming content.
	Fourth Change


8.2.1
RTP payload formats for media

The RTP payload formats and corresponding MIME types are closely aligned with those defined in PSS [47] . For RTP/UDP/IP transport of continuous media the following RTP payload formats shall be used:

* AMR narrow-band speech codec (see sub-clause 10.2) RTP payload format according to RFC 4867 [33]. A MBMS client is not required to support multi-channel sessions.
* AMR wideband speech codec (see sub-clause 10.2) RTP payload format according to RFC 4867 [33]. A MBMS client is not required to support multi-channel sessions.
* Extended AMR-WB codec (see sub-clause 10.3) RTP payload format according to [34].
* Enhanced aacPlus codec (see sub-clause 10.3) RTP payload format and MIME types according to RFC 3640 [41], namely the Low Bit-Rate AAC or the High Bit-Rate AAC modes.
* H.264 (AVC) video codec (see sub-clause 10.5) RTP payload format according to [35]. An MBMS client supporting H.264 (AVC) is required to support all three packetization modes: single NAL unit mode, non-interleaved mode and interleaved mode. For the interleaved packetization mode, an MBMS client shall support streams for which the value of the "sprop-deint-buf-req" MIME parameter is less than or equal to MaxCPB * 1000 / 8, inclusive, in which "MaxCPB" is the value for Video Coding Layer (VCL) parameters of the H.264 (AVC) profile and level in use, as specified in [43].
* H.265 (HEVC) [112] video codec (see clause 10.5) RTP payload format according to [113].

* 
Timed Text (see sub-clause 10.10) RTP payload format according to [93].

	Fifth Change


10.8
Vector graphics

If vector graphics is supported, SVG Tiny 1.2 [66], [67] and ECMAScript [68] shall be supported.
NOTE 1:
The compression format for SVG content is GZIP [42], in accordance with the SVG specification [66].

NOTE 2
Content creators of SVG Tiny 1.2 are strongly recommended to follow the content creation guidelines provided in annex L of 3GPP TS 26.234 [47].
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10.9
Text

Text is supported as part of the HTML5 support [120].



* 
* 
The following character coding formats shall be supported:

* UTF-8, [71];

* UCS-2, [70].
* 
	Eightth Change


10.12
Scene Description
If scene description is supported, MBMS clients shall support the 3GPP HTML5 profile [120] as the scene description format.

The HTML5 presentation shall be identified by the presence of an appService element in the USD with the attribute appServiceDescriptionURI set to point to the HTML5 document with the MIME type “text/html”. The resources referenced from the HTML5 document should be delivered on the same FLUTE session as the HTML5 document itself. 

The HTML5 document may reference an MPD [98] or a progressive download file [98] as a source location for media playback using an HTML5 media element.
	Ninth Change


Annex D (informative):
RTP packetization guidelines
This annex provides guidelines for MBMS senders to minimize initial buffering delay between starting of the reception and starting of rendering of media data in MBMS receivers.

When H.264 (AVC) video is in use, an MBMS sender should form FEC source blocks in which the first H.264 (AVC) access unit in decoding order is an IDR access unit. When H.265 (HEVC) video is in use, an MBMS sender should form FEC source blocks in which the first H.265 (HEVC) access unit in decoding order is an IRAP access unit.
MBMS senders should transmit all application data units for a given H.264 (AVC) or H.265 (HEVC) access unit, or audio frame within one FEC source block.

MBMS senders should set the min-buffer-time MIME/SDP parameter and the minimum buffering delay elements included in FEC source blocks to values that are sufficient to cover any required de-interleaving or de-packetization of application data units, such as H.264 (AVC) or H.265 (HEVC) NAL units and coded audio frames, from their transmission order to decoding order.
When RTP timestamps are converted to the wallclock time of the MBMS receiver, the smallest RTP timestamp among the FEC source packets of a FEC source block of a stream should be equal or close to the smallest RTP timestamp among the FEC source packets of a FEC source block of any other stream of the same MBMS streaming session.

When RTP timestamps are converted to the wallclock time of the MBMS receiver, the greatest RTP timestamp among the FEC source packets of a FEC source block of a stream should be equal or close to the greatest RTP timestamp among the FEC source packets of a FEC source block of any other stream of the same MBMS streaming session.


